


pertinent visual images draws upon a prior collection of two types of acou, 
data: (1) the pitch line, as determined by measuring the frequency of 
fundamental, and (2) the instantaneous display of the distribution of sound en 
in the spectrum. 

No single existing machine for acoustic analysis exists which is parte 
adapted to the demands of analyzing monodic and particularly Indian rr. 
Our MMA 1 is an attempt to create such a machine to be a "microscope 
music." It opens up a totally new field for investigation for the traditional m 
of India. 

2, Some Problems to be Studied 

2.1 Pitch measurement: Indian classical music is characterised by sub:f 
and carefully defined melodic glides executed with great precision in their ti 
and intonation against the background of a droning tonic. Existing equipm_... 
such as the pitch computer made by Frokjaer Jensen (Copenhagen), which has 
been designed specifically for use in speech, allows drawing the curves of melodic 
lines with an accuracy (about 1%) sufficient for the eye to recognize the rappo^ 
between the sound event and the graph. However, our experiments using tne 
Shruti Harmonium have indicated that sensitive musicians are able to discrimina:^ 
pitch variations within the limits of the schisma, about a tenth of a comma. 
Therefore'we need to be able to measure the pitch of the fundamental to a- 
accuracy of one cent at least and have that measurement available in diglta 
form. 

There are other reasons, too, why this degree of accuracy is necessary- 
Geometrical studies of the formation of musical scales lead to the conclusion 
that except for the tonic (in modal music), the rest of the notes of the chromat": 
scale have two alternative positions separated from each other by a comma. 
Since the comma has the value of 1.7% of an octave, significant measurements 
cannot be made with an accuracy of 1% precision. Indeed the drstance of abou: 
a comma or slightly more may constitute but an outside limit. In the case o^ 
certain temperings of positions from ^pure' ratios, one would like to know hov, 
much tempering in cents is considered ideal. 

2.2 Spectrum Sound Energy Distribution: Work in the area of speech 
recognition and synthesis has shown the interest of sonagrams, pictures of sound 
patterns which freeze information of intensity and frequency versus time. The 
sonagraph gives interesting information regarding voice production, vowel, and 
phoneme articulation. Nevertheless, the existing sonagraph machines are sharply 
limited in their use by the fact that they are not capable of processing sound in 
real time and force one to analyze small samples of a sound (of duration less than 
3 seconds) in deferred time. Moreover, the output of the sonagraph in graphic 
display is not directly processable by a computer. Since a real time sonagraph 
based on digital operation is not available, we have decided to make our own 
multichannel band analyzer having a digital output. The apparatus, which is at 
present under construction, has provision for 32 channels which can be extended 
in number if needed. On the basis of sonagraph analysis of typical musical use 
of vowels, we. have been able to deterniine the number and features of the band- 
pass filters to allow adequate capturing of the significant data. 
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Vowel intonation in Indian classical vocal music is far more precise 
than it is in normal speech where the intelligibility mainly resides on correct 
diphoneme articulation. In the musical context, the static position of the human 
vocal apparatus (and, therefore, the vowel formants) assumes greater importance 
than in speech since tones are prolonged in singing. One of the main areas 
of interest for study here is the nature of vowel intonation and Its use in 
relation to note intonation. 

3. Technical Particulars of the Melodic Movement Analyzer MMA 7 

The Melodic Movement Analyzer is constructed to allow for the maximum 
flexibility and versatility of its operations in order to maximize the reach of its 
capabilities for accuracy in relation to information density. It is hardware-pro- 
grammable allowing one to change the hook-up of the machine's various functional 
blocks and the output format of the digital information. Moreover, the number 
of functional blocks of the machine is not limited. The blocks themselves are 
constructed as modules to fit into one (or more) 19-inch European Standard racks 
(system Tolkit IMOS). Existing parameters can be analyzed with further accuracy 
if needed and/or new parameters can be treated. The measurement blocks des- 
cribed below are built to measure various specific aspects of Indian vocal and 
instrumental music. 

3. 1 Frequency meters [two blocks) 

Technical features: Format: 16 bit (binary) 

Mode: linear periodmeter, clock frequency 

3.39 MHz. 
Accuracy: 300 ns (0.01%™0.08%) 

3.2 Bandpass filters (blocks 8,9, 10) 

The bandpass filters allow one to analyze the color and phonetic infor- 
mation of a sound by measuring the distribution of sound energy over the audio 
spectrum. The prototype instrument is being constructed with 27 filters, a few 
of which will be allocated to measure the sound energy of the tanpura. 

Technical features: 4th order active filters associated with AC/DC 

converters. Both AC and buffered DC outputs 
are available. 

4. Multiplexers and Converters 

4. 1 Analog multiplexer and digital dB converter (block 7) 

This block samples the information from the 32 analog inputs at a rate 
defined by the clock frequency serializing the information and making it available 
on a single channel output for recording and processing. Thumbwheel switches 
allow restricting the number of input channels sampled to eliminate unnecessary 
channels thus maximizing the information density. 

Technical features: One to 32 analog input, (0—4 volt range), 32:1 

line analog multiplexer digital conversion, 
logarithmic (3dB) steps, 4 bits (binary). 
Output format: Serial BUS output (3 state). 
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4.2 Digital parallel inputs (blocks 5 and 6) 

. These blocks sample the information from up to 32 digital inputs to 
make it available on the single channel BUS output. Soldered straps define the 
value of the number of inputs validated. 

Technical features: TTL logic level inputs. One to 16 inputs per block 

Output format: Serial BUS output (3 state). 


5. Interfaces 

5 . 1 Modulator and tape recorder interface (block 4) 

u u, ^. ^9. ^^^ ^'^^"^ ^'^nal synchronizes the parallel-to-serial converters of 
each block. Sequencers wired from the front panel allow defining the order in 
which information is extracted from the blocks to be fed to the modulator through 
the BUS line. A specially designed FM modulator allows recording up to 10 000 
bits per second on standard audio tape. A two channel recorder is used in order 
to record simultaneously the original sound and a digital analysis of it. 

5.2 Demodulator and computer interface (block 3) 

This block is normally situated between the output of the tape recorder 
and the input of the microcomputer. It can, however, be connected directly to 
the output of the modulator for real-time analysis of the sound. By this block 
the frequency modulated signal is de~modulated and the clock and synchronizinq 
pulses are reinserted. The output of this block (logic level and clock) are directly 
fed into the parallel inputs of a microcomputer. 

Technical features: 5 volt TTL logic outputs; 10,000 bits/sec. 


5.3 Video (block 2) 


This block allows recording oscilloscope spectrum patterns on a standard 
videocorder. When no camera is connected, the parallel/serial converter duty cycle 
IS defined by the length of the digital word (which is a function of the number 
of inputs connected). When the camera is connected, the cycle time is auto- 
matically set to 40 ms (25 frames/sec). The pattern on the scope is obtained by 
connecting the Y input of the scope to the scope-output of the analog multiplexer 
(the sweep time of the scope being made equal to 40 m$). The scope will be 
synchronized by the sync output of the analog multiplexer (block 7) In this way 
each picture of the video signal represents one scope sweep allowing frame by 
frame analysis of the recorded signal. * 

Technical features: 12 volt power supply, line/frame sync pulse 

output standard camera connector. 
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EXPERIMENTS USING THE MMA 1 

Technical Background 

The first technical step undertaken to process data from the MMA 1 was 
to design a (machine language) program allowing the computer to receive and 
store a data flow of 10.000 bits/second. Due to the low clock frequency 
of the 6502 microprocessor, the speed of the program's execution was critical. 
"DATAREAD" is a machine language routine which allows storing the data from 
the MMA 1 for any block configuration while eliminating errors due to tape speed 
fluctuations when the data is entered from tape. A few other arrangements had 
also to be made. 

One of the first things we discovered was that in the case of all acoustical 
instruments, pitch variations of up to a few cents are found if measurements are 
done over individual periods. The ear, of course, grasps a tonal sensation which 
is best imitated cybernetically by averaging measurements over durations of short 
time. We have introduced a "compression" rate by which the experimenter can 
adjust the sampling time of (averaged) pitch measurements to the best satisfactory 
results. The ideal value runs from 10 to 40 ms. 

Compression by averaging is now performed by a machine language 
routine. Not only is it faster than using a BASIC language program, but it also 
allows using the computer's memory space more efficiently. The longer the 
sampling period, the more music one can store. A 10 ms value allows us to store 
60 seconds of music, while at 40 ms sampling, we can store 240 seconds of 
data. Amount of storage is not really a problem because the MMA 1 can output 
its information through standard audio tape allowing virtually unlimited storage. 

Pitch measurements are also "octave shifted" so that everything fits within 
one octave so that no period overflow is possible. In addition, we developed a 
logarithmic conversion technique using a log table stored in the computer's memory, 
to avoid time consuming log conversions in BASIC. The result is that pictures 
derived from processing music can be displayed on the monitor screen a very 
short time after that music has been loaded into the computer via the MMA 1. 

The Melodic Analyzer 

To display the shape of melodic lines, the experimenter has to proceed 
in two steps. First he must enter a sample of the Sa.(Do) for a duration of, one 
second. This value is averaged and stored. Generally we prefer to measure the 
drone Secondly he must input the actual music to be analyzed, either in real 
time, or from a prerecorded audio/digital tape, until the memory space is full. 
Pitch lines appear immediately on the monitor screen (over 16 pages) with marks 
indicating the 12 positions of equal temperament, against the background of 
which the pitch lines are drawn. There is a "Microscope display mode" which 
allows one to scan a pitch line, selecting parts of it for exact analysis and measure- 
ment Sections of pitch lines can be displayed as a sequence of numeric values 
and can be printed out on paper. 

Discussion 

Using the Melodic Analyzer program of the MMA 1/computer set up, 

one of the first things we could clearly see is that notes do not appear as steady 

« 

49 


